Abstract-This paper presents a method for fetal heart rate estimation from an abdominal electrocardiogram (ECG) signal based on adaptive filter analysis using least mean square (LMS) adaptive filtering algorithm in order to determine the health status of a baby in its mother's womb. The fetal ECG signal is extracted from abdominal ECG containing other sources of interference using the maternal ECG signal obtained from mother's chest cavity as the reference signal. Interference/noise model used for this work include the power-line noise, the white noise and the unwanted propagating maternal ECG signal. Thereafter, the heart rate is estimated using an automated peak voltage measurement algorithm at 75 percent threshold voltage. It is found that irrespective of the estimated heart rate of the baby, 100 percent estimation is achieved at signal-to-noise ratio (SNR) greater than or equal to -31dB.
I. INTRODUCTION
Fetal heart rate estimation is an aspect of fetal heart rate monitoring associated with estimating the heart rate of a baby from a pregnant mother abdominal electrocardiogram (ECG) signal measured at the womb in order to determine the health status of the baby. The status of the baby may either be normal within average heart rate or in distress with a low or excessively high heart rate or pathologic condition such as asphyxia [1] . Thereafter further investigations may be carried out on the baby in distress in order to determine the reason for the abnormal heart rate. Another problem is the extracted fetal ECG signal which is always marred with various sources of noise and interferences. These sources include the ones from the ECG device (power-line and white noise) and the mother herself (propagating maternal ECG signal) among other sources [2] [3] . There is therefore the need to use appropriate signal processing techniques for accurate ECG signal analysis.
These techniques include fundamental Fourier transform [4] , wavelet transform [5] [6] , support vector machine [7] , robust tensor decomposition and extended kalman filtering [8] , spatial filtering and adaptive rule [9] , principal component analysis [10] among many others. Each of these methods is associated with its performance and accompanying limitations. Recently, combination of linear discriminator analysis (LDA) and cross correlation was used to detect different human states from multiple ECG signals with accuracy of 90-95 percent [11] , Mestimation methods (a weight model) for fetal heart rate estimation in impulse noises [12] , and adaptive noise cancellation and digital filter for fetal ECG extraction [13] . A comprehensive review of ECG signal processing methods is presented in [14] This work identifies the adaptive filtering technique as a key signal processing tool for heart rate estimation at a very good SNR. This technique uses an adaptive algorithm with a reference desired signal so that the output can match this signal after various iterative processes leaving the error/unmatched signal at the end. In this work, the least mean squares (LMS) method is used as the adaptive algorithm. The maternal ECG signal obtained at the probe of the mother's chest cavity is used as the reference signal to the input abdominal ECG signal obtained at the probe of the womb. Recently this technique was used for acoustic echo cancellation [15] , GPS multipath error estimation and mitigation [16] and estimation of hyper-complex quantity (rotor) able to describe rotations in any dimension [17] .
Other sections of the paper is organized as follows: section II present the abdominal ECG signal model, section III discuss analysis and method of the algorithm used, finally results obtained and discussions accompanying them are presented in section IV followed by a concluding section.. mother's womb is a combination of various ECG signals and noises. The fetal ECG signal ( ( )) is the main ECG signal present at the womb of typically a low signal power of 0.25mV and of normal heart rate of between 110bpm and 160bpm [3] . The other present ECG signal is the maternal ECG signal ( ( )) measured from the mother's chest cavity which is used as a reference signal for the adaptive filtering technique and undergoes a nonlinear propagation to the mother's abdomen. Its signal power is typically of 3.5mV and also a typical heart rate of 89bpm [18] . The sampling frequency in this work is 4000Hz based on standarddesktop ECG devices [19] ,which facilitates the conversion of the ECG signal into samples for digital processing. The two ECG signals are graphically depicted in Fig. 1 . Fig. 1 shows the low power of the fetal ECG signal as compared to that of the maternal ECG signal. Also it is seen that more heartbeats are captured in the fetal signal than that of the maternal signal due to its higher heart rate. In this work, any signal apart from the fetal ECG ( ( )) at the abdomen is considered to be noise. This noise is composed of three parts; the power-line noise ( ( )), the white noise ( ( )) and the maternal signal propagation from the chest cavity to the abdomen ( ( ) ). The simulation set-up of the abdominal ECG signal used in this work is shown in Fig. 2 . The maternal signal arrow shown in Fig.2 is given in dotted format in order to show the non-linear propagation from the chest cavity to the abdomen as opposed to others that are constituents of the abdominal ECG signal. The power-line noise originates from the power source an ECG measuring device and it is modeled by a sinusoidal equation shown in equation 1.
II. ABDOMINAL ECG SIGNAL MODEL
Where is the power line noise, is the signal power, is the frequency, is the sampling frequency and represents the duration of signal (same length as that of the abdominal). Signal power of 0.001mV and frequency of 50Hz selected based on national power supply frequency. The white noise is the additive white Gaussian noise (AWGN) of Gaussian probability density function (equation 2), impulse response autocorrelation (equation 3) and all frequency power spectrum (equation 4) [20] ;
Where ̅ is the mean, is the variance and is a constant.The white noise is obtained by generation of normally distributed pseudorandom numbers of standard mean of zero and variance corresponding to the signal power of the noise. There is also presence of maternal ECG signal in the abdomen as a result of non-linear of propagation from the chest cavity to the abdomen. This non-linear propagation is modeled by a linear FIR filter of ten randomized coefficients with formula shown in equation (5) [21] ;
Where denotes the ten randomized filter coefficients obtained from the hamming window used in this work. The total noise can therefore be given as; Henceforth, a graphical depiction of an abdominal ECG signal at a signal-to-noise ratio (SNR) of -18 dB is shown in Fig. 3 . It is seen that in Fig. 3 , it is quite hard to differentiate the various ECG signals present in the signal. This is even more so when the effect of noise is higher.
III. ADAPTIVE SIGNAL FILTERING TECHNIQUE
The term filter can be used to describe a system of whose sole purpose is to extract information of interest from noisy data. This is because in the real world, the output signal (the received signal) is always in a distorted form of the input signal (the transmitted signal) after passing through the channel (processing system). As such a system or the estimator is then required in order to obtain original input from the output using prior information. This process is depicted in the block diagram of Fig. 4 . At the end of the whole process shown in Fig.4 , a form of originally sent input is estimated. The closeness of this estimated input to the originally sent input would depend on quality of the estimator system and the field of interest. These fields of interest include radar, sonar, communications, and biomedical engineering among many others. The estimator used in this work is the adaptive filter technique.
Time variable filters uses multiplier with time-variable coefficients so as that its characteristics can be varied with time. This filter uses an adaptation mechanism by which these multiplier coefficients can be adjusted so as to achieve optimum performance. This type of filter is called an adaptive filter [22] . The instantaneous values of the multiplier coefficients are evaluated through an incorporated optimized algorithm in the adaptation mechanism such that some norm of an error function of equation (7) is minimized.
Where ( ) is some desired reference signal and ( ) is the filter output. A typical adaptive filter configuration is given in Fig. 5 . The input in Fig. 5 represents the delay in the input signal required for the adaptive filtering in order to improve on its previous output. The error signal ( ( )) is fed into to the adaptive filter through the adaptation algorithm at various increments of time, n. Over this time, output of the adaptive filter becomes a better and better match to the desired response signal through the adaptation process such that the magnitudes of error signal ( ( ) ) decreases over time as matched to this desired response signal [23] .
In this work, the least mean squares (LMS) adaptation algorithm is used for the fetal heart rate estimation based on. There are various LMS based finite impulse response (FIR) adaptive filter algorithms such as the adjoint, block, fast Fourier transform (FFT) based block, filtered-X among many others [24] , but in this work, the basic form is used. Its formula is gotten from an update of the steepest-descent algorithm given in equation (8);
Where represents the filter coefficients represents the convergence within the range given in equation (9) in order to ensure the convergence of the algorithm; ( ) (9) is the order of the filter, is the expectation operator and ( ) represents the average input power. The signal flow graph representation of the LMS algorithm is shown in Fig. 6 [23] . I is the identity matrix, z -1 is the unit delay operator and µ is the step-size parameter. It is seen that the signal flow graph in Fig. 6 is divided into two parts; the right hand side represents the filtering process responsible for producing the output and the error while the left hand side represents the adaptation process responsible for updating the weight vector of the LMS. When the aforementioned model of Fig. 5 is applied to the objective of this work, the adaptive filtering model gotten is shown in Fig. 7 . Fig.7 . Adaptive filtering technique for fetal heart rate estimation It is seen from Fig. 7 , that over increment of time, the output ( ( )) would try to its possible best to match the desired signal ( ) ( )) ( ) is the small amount of white noise added to the maternal signal obtained at the chest cavity in order to cater for the measurement noise. At the end of the adaptive process, the signal of interest, the error signal which is also the fetal ECG signal is obtained. A positive integer of 10 was used for the number of coefficients, the step size of 0.001, and default leakage factor of 1.0 was used for the LMS adaptive filter in this fetal heart rate estimation set up.
From the obtained fetal ECG signal, heart rate of the baby (the fetal heart rate) is estimated from the interval between the first and second peak of the obtained signal using a 75 percent threshold. The threshold is selected in this way so as to cater for the noise associated with the extracted fetal ECG signal. Thereafter, the obtained heart rate in samples is converted and round to the nearest figure in bpm using the sampling frequency.
IV. RESULTS AND DISCUSSION
Test fetal heart rates in bpm of 55, 110, 135, 160 and 320 are used to verify the performance of the adaptive signal processing technique for various signal-to-noise ratios (SNRs). Heart rates of 110-160bpm represents the standard heart rates of a healthy baby while that of 55bpm and 320bpm is used to represents two extremes of a baby in distress, with one representing half the minimum acceptable heart rate and the other twice the maximum acceptable heart rate. The SNR in decibels is given by equation 10.
Where is the signal power, and is the noise power. Different SNRs are obtained by varying the noise power; the results obtained are shown in Fig. 8 . Fig.8 . Results obtained for various heart rates From Fig.8 , the heart rate is wrong and unpredictable at SNR less than -31dB irrespective of the heart rate in consideration, therefore the SNR of -31dB is seen as the optimum SNR for the fetal heart rate estimation using the LMS adaptive filtering technique. This is further seen in Table 1 where the optimum SNR for the estimation of each heart rate considered is shown. The spikes in Fig.8are due to unpredictable nature of the method used when the noise is very high and mostly associated with the automatic voltage measurement algorithm using threshold just like in [25] [26] .
In these aforementioned papers, inter-pulse analysis of radar signals are carried out to determine the time characteristics of incoming emitter signal using smoothed instantaneous energy [25] and the short time Fourier transform [26] . Unlike this work, these methods used 50 percent threshold as opposed to the 75 percent used due to the differing nature of the noise environment, signal of interest and simulation set-up. The noise environment in those papers is modeled by a single environmental source of additive white Gaussian noise (AWGN) due to the microwave environment used for radar signals. The signal of interests included low probability of intercept signal (LPI) signals of low power characteristics and nonsinusoidal modulation while the simulation set-up was based on practical implication of time and frequency parameters. Further analysis of table 1 shows that optimum SNR for normal heart rate of healthy baby at -31dB is higher than that of the abnormal rate of -32dB and -33dB, requiring increment SNR of 1dB or 2dB. This can be attributed to two reasons. Firstly, the LMS based adaptive filter and the heart rate estimation performance algorithms are iterative in nature. Their iterative nature ensures a form of unpredictability. Secondly and more importantly, the threshold of 75 percent was selected in order to put the normal heart rate of healthy baby in view.
Superiority of the algorithm used can also be demonstrated by comparing the extracted fetal ECG signal obtained from the abdominal ECG signal at the optimum SNR result which the noise power is much more than signal power and at a SNR for which the signal power is much more than the noise power. The earlier case of the extracted fetal ECG signal is shown in Fig. 9 . It takes at least 1 sec to obtain an extracted fetal ECG signal of its original standard low power of 0.25mV as shown in Fig. 9 due to required convergence of the LMS algorithm in the presence of high level of noise. It is also seen that ECG components are also non-homogenous as compared to the standard fetal ECG signal for the same reason. This is illustrated in a capture of 0.5 secs (between 1.2 secs to 1.7 secs) shown in fig. 10 . Despite these shortcomings as depicted in fig. 9 and fig.  10 , the used method is still able to accurately estimate the heart rate from the peaks of the extracted fetal ECG. At a much better SNR, the shortcomings of high power and non-homogenous of the fetal ECG signal are absent as it is marred by noise of lower power. This is further seen in fig. 11 . At this good SNR in fig. 11 , the method used estimate the heart rate accurately as expected due to the favorable noise condition. Also, the good performance at very low SNR also shows the strength of the adaptive signal processing technique used in this work and can also be attributed to the high sampling frequency when compared to the signal center frequency (heart rate). This is unlike other fields such as those of radar or wireless where same luxury is not possible based on current available technologies [27] [28] . This can be deduced by using the frequency resolution formula in analog format shown in equation 11. (11) Where is the sampling frequency and is the center frequency (replacing the sampling points N for the sake of this discussion).The maximum allowed heart rate of a healthy baby of 160bpm translates to a center frequency of 3Hz (or 3bps) approximately, and with a sampling frequency of current desktop ECG device of 4000Hz gives a frequency resolution of approximately 1333. In radar technology, the center (intermediate) frequency of the basic radar signal is 10MHz, and with a sampling frequency of 80MHz based on current radar system, gives a frequency resolution of just 8. It is quite clear why the performance of this work is very good. However, it is important that the sampling frequencies of handheld ECG devices are much lower due to the miniaturization.
Discussion of results cannot be complete without comparing results obtained in this paper with that of previous similar works and as such three closely related works were identified among many others. This other works (such as the ones mentioned in the introductory section) use different methods and more importantly quite different performance ratio, making it harder and unfair to compare with this work. In [29] , performances of various window techniques for ECG signal noise cancellation were evaluated. AWGN was added artificially to ECG signals obtained from MIT-BIH database and three window based FIR filters were considered; Gaussian, Bartlett and Von Hann. The SNR obtained after filtering are shown in Table 2 . Table 2 shows that the Bartlett is the best, followed by Von Hann with Gaussian coming last among the windows considered in the work. In a very similar set-up to this paper, a combination of LMS based adaptive filter and genetic algorithm optimization technique is used for ECG extraction [30] , however the input signal is also obtained from the MIT-BIH database. This probably accounts for poorer performance of -11.2dB as compared to this work of -31dB despite the superiority of the method used. In the third paper [31] , wavelet analysis and fuzzy thresholding is used to filter weak ECG signals corrupted by AWGN. The wavelet analysis is used for decomposition and reconstruction while fuzzy s-function determines the threshold. Notable denoising is achieved at SNR lesser than -20.6dB.
Summary of these results obtained in this work compared with other aforementioned fetal heart rate analysis methods are shown in Table 3 . Each of these methods has some slight differences in the methodology and experimental set ups but with the main similarity focusing on ECG signal de-noising and noise environment considered. It is seen in Table 3 that the LMS adaptive filtering method is superior to other presented methods. The next superior method is the wavelet analysis followed by genetic algorithm based (GA) based adaptive filtering. The window functions technique is the least superior due to its simplicity when compared to other methods presented in the table. It is however important to point out that the two main shortcoming of the method used in this work is associated with its dependence on the maternal signal measurement from mother's chest cavity for fetal heart rate estimation and also its fairly high computational complexity of the adaptive filter due to the iterative process as compared to other methods. This work presents a method of estimating fetal heart from extracted fetal ECG signal from the abdominal ECG signal with the aid of the basic LMS adaptive filtering technique. Various heart rates are estimated accurately at SNR of greater than or equal to -31dB. Further investigation will involve the use of actual ECG signal and time-frequency analysis to track the spectral changes of various components of the abdominal ECG without the need to measure maternal ECG signal at the mother's chest cavity.
